In this paper, a signal decorrelation technique is presented that aims to minimise the degradation on stereo signal perception, whilst alleviating the non-uniqueness problem in Stereophonic Acoustic Echo Cancellation (SAEC). The proposed technique is based on higherorder time-varying allpass filters (HO-TV-APFs) utilising spectral-shaped noise, together with the interpolation method. The test results on real speech signals indicate improved performance in both objective and subjective manners.
Introduction
The non-uniqueness problem of Stereophonic Acoustic Echo Cancellation (SAEC) in a stereo teleconferencing system can be tackled by trying to decorrelate artificially the stereo signals, provided that their quality is minimally affected. A pre-processing approach, employing higher-order time-varying allpass filters (HO-TVAPFs). is proposed in [I] to decorrelate the stereo signals while maintaining stereo perception. This approach is underpinned by the constant magnitude response of allpass filters, and in particular. the near-lo-lineorphose response characteristics of HO-TV-APFs. Therefore, the stereo perception of the signals is minimally degraded.
The effect of employing HO-TV-APFs is empirically shown to be related to the introduction of a random noise signal to each channcl of the system. This is equivalent to the signal decorrelation approach in [2], which uses the addition of independent random noise directly to each of the stereo input signals. However, the sound quality of the speech input signals is degraded unless the added noise level is at least 13 -15dB below each of the speech signals 131. On the other hand, if insufficient noise is added. the signals cannot he decorrelated adequately. In contrast to the random noise addition approach. the level of random noise added to the stereo signals in each channel, when employing the NO-TV-APFs technique, can be adjusted by the variation of the HO-TV-APFs parameters so that sufficient signal decorrelaion can be obtained and the stereo perception is preserved.
Since the dominant cues of the speech signals are located in the frequency range below l k H z [4] , the noise introduced by the HO-TV-APFs is therefore suggested to be minimum where such baseband signal frequencies are present, so as not to degrade the sound quality. In addition, the power spectral density of the random noise that is introduced to the system by the HO-TV-APFs method should be emphasised at frequencies far beyond l k H z , the range to which human ears are less sensitive, in order to decorrelate the stereo signals more efficiently. This can be achieved by exploiting the first-order differentiator, which shapes the power spectral density of its input signal emphasising the high frequencies, provided that the stereo signals are interpolated before employing the preprocessing so that the noise signal in the high-frequency region can be removed by the use of the lowpass filter and the decimation process. The proposed technique should result in improvement in signal decorrelation capability and preservation of the quality of stereo signals after employing the pre-processing approach. This paper is divided into five sections as follows. Section I1 describes the HO-TV-APFs signal decorrelation method. In Section Ill, an approach of filtered noise, namely spectral-shaped noise, to be used with the HO-TV-APFs is given. Section IV includes thc results when applying the proposed signal decorrelation technique to the SAEC system. Finally, the conclusions are given in Section V. 
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The transmitted stereo signals x,(n). f o r i = 1:2, are passed through two TV-APFs a t ( n ) of any order, as illustrated in Fig. 1 
This means that each TV-APF parameter a,;l(n) deviates around its initial value. From observations, it is noteworthy that, for any order hi, the time-varying parame-
has the highest impact on the deviation of the inter-aural delay [SI; whereas the other a;,l(n) parameters. for 1 = 1,. . . ~ N -1, d o not drastically affect the inter-aural delay, particularly in the low-frequency range.
Computational complexity
The use of HO-TV-APFs does not drastically increase the system computational complexity. In terms of the number of real multiplications (RMPs) per input sample, the TVAPFs operation requires 2 N i 1 RMPs per input sample, where N is the order of the TV-APFs. This is based on canonical form of the realisation of the system.
On improvement of the signal decorrelation method

3.1
A modified decorrelated SAEC system is thus introduced by the use of the interpolation process, together with the HO-TV-APFs decorrelation method, in order to decorrelate the stereo signals efficiently and to preserve stereo perception. The random noise that is used in the update equation of each HO-TV-APF parameter is spectralduped, based upon the first-order differentiator, so that its power level is reduced at low frequencies but increases at high frequencies.
The stereo input signals, xz(n) f o r i = 1 , 2 , are interpolated by a factor of I,, = 2, and then used as the inputs of the adaptive filters. The interpolated stereo inputs accommodate the emphasised high-frequency noise. This also helps to create a buffer band for the baseband signals which further avoids the sound quality degradation from the noise addition effect when employing the HO-TV-APFs method. The modified schematic diagram
The modified decorrelated SAEC system for an SAEC system employing the HO-TV-APFs signal decorrelation method is illustrated in Fig. 2. The sampling frequency. f a , operated in the nearend room is I,, times the sampling frequency, f a , in the far-end room. Then the interpolated signal xxi(n) in each channel is passed through the so-called anti-irnagingfilrer. which is necessary to recover the baseband signal of interest and eliminate the unwanted image components. The anti-imaging filters in both channels are designed to be half-band lowpass filters, seen as LPFi in Fig. 2 LP2(w) = 0, otherwise whose impulse responses are given by 1p2(n). Hence, the adaptive filters in this system will converge to the convolution of lpz(n) and the unknown systems h,, which are assumed to be time-invariant, i.e.
Rj(n) = lp?(n) * hi (5)
The error signal, e ( n ) , is therefore given by
where the desired signal is defined as
*=I
The decorrelated input vector and its lowpass version vec-
IT respectively, when L is the length of the adaptive filters &(n) and the unknown systems hi.
For this modified system, the power level of the interpolated signals is reduced by half. Thus, the variance of the random noise signal that is used for the time-variation of the HO-TV-APFs is also reduced by one half. The values of the HO-TV-APFs parameters are given in Ta 
Spectral-shaped random noise
The required characteristics of the noise signal that is used to model the time-variation of HO-TV-APFs may be achieved by utilising the first-order differentioror. Note that only a first-order differentiator is considered here for low complexity. For this spectral-shaped noise, the generated random noise is shaped out of the baseband of interest, without reducing the magnitude of the original noise.
If a white noise sequence, ~( n ) .
is the input to the firstorder differentiator, the output signal, rs(n), is given by
For HO-TV-APFs employing spectral-shaped random noise, the update equation of the time-varying parameter i s given by a;(n) = ai,inl + rsi(n) (10) fori = 1,2. The reduction of the noise level in the low-frequency region is expected to decrease the sound degradation of the stereo signals. Although the noise level in the highfrequency region rises and can exceed that of the white noise, the sound quality will not be disturbed due to the employment of the lowpass filter and the decimation process. In fact, these high-frequency noise components should potentially yield higher degrees of signal decorrelation.
Experimental results
Simulation results
The experiments were carried out under a statistically stationary assumption for the ncar-end room in Fig. 2, i. e. the coefficients of hi were fixed, and modelled with exponentially decaying envelopes of length L = 25G. Stereo speech signals, sampled at SlcHz, were normalised to have zero mean and unity variance and used as the input signals of the system with SNR at the microphone in the near-end room of 30dB. The adaptive filters employed in this system were also oflength L = 2GG and controlled by the two-channel normalised least mean square (NLMSZ) algorithm with / L . = 0.3. The TV-APFs was investigated lor the first-and third-order cascs, whereas two different types of noise signal. i.e. white noise (conventional case as in [I] ) and spectral-shaped noise, were used within the TV-APFs. For comparison, the Weight Error Vector Norm (WEVN) performance, as given by was evaluated By employing the HO-TV-APFs decorrelation method with wideband noise, r(n), and spectral-shaped noise, rs(n). the final WEVN for the N = 1 case were improved by 5 d B and 7dB. respectively, as compared to that without any decorrelation methods. Similarly, for the N = 3 case, the improvement of the final WEVN of G.SdB and 7dB were also shown. These are illustrated in Fig. 3(a) and Fig. 3(b) . The WEVN of the spectralshaped noise technique shows 2dB improvement on the conventional HO-TV-APFs decorrelation method for both cases.
Subjective listening tests
Based on the ITU-R five-category impairment scale in 161, subjective listening tests were undertaken with 20 listeners. The original signal pair was compared with different versions of those signals obtained by the proposed HO-TV-APFs decorrelation metbod, which were based on the wideband random noise, r ( n ) , and the spectral-shaped random noise, rs(n), for both cases of A' = 1,3. The MOS values of the original signals, the first-order TVAPFs method using r ( n ) and rs(n), and the third-order TV-APFs method using r ( n ) and rs(n) were respectively graded as 4.45, 3.20, 3.65, 3.10 and 3.20. It can be seen that the HO-TV-APFs method employing the spectralshaped random noise r.s(n) can preserve the stereo perception of the speech signals much better than that using the wideband random noise r(n), for the first-order case.
However, the tests show that approximate stereo signal quality is obtained.
Conclusions
The HO-TV-APFs decorrelation technique for SAEC using spectral-shaped random noise and the interpolation method has been presented. Further improvement in signal decorrelation capability, as compared with the conventional HO-TV-APFs approach, bas been demonstrated with minimum degradation on stereo signal perception and insignificant additional computational cost.
